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ABSTRACT 
Dynamic range compression is a common and practical tool 
used to reduce the dynamic range of an audio signal and 
increase the final loudness. Compression has a long history of 
use in audio recording and broadcast and has been implemented 
through a variety of methods in the analog and digital domain. 
In this paper, the basics of compression are discussed, along 
with some drawbacks of the technology and the means of 
implementing dynamic compression technologies in the digital 
domain. 
1. INTRODUCTION 
1.1. What is Compression 
In many audio applications it is useful to introduce processes 
that control the dynamic range of the source material in order to 
either increase or decrease the dynamic range of the final 
output. Compressors are a type of dynamic range effect used to 
decrease levels above a certain threshold, thus decreasing the 
overall dynamic range of the final output. Compressors do not 
have a hard limit to their maximum output, but rather reduce 
levels gradually above a threshold based on a user-determined 
input/output ratio. 
1.2. Why Use Compression 
Compression is generally used on audio signals to make the 
final output “louder” without affecting the peak amplitude of 
the signal. In effect, this means reducing the peak levels, and 
then increasing the level of the whole signal, which results in 
decreased dynamic range and a higher overall RMS signal. This 
effect can be useful in a number of applications. If the final 
storage medium has a limited dynamic range (e.g. magnetic 
tape, AM radio broadcast) then compression can be used to 
reduce the dynamic range of an input signal such that it can fit 
within the dynamic range of the medium, rather than being 
clipped. 
 
Compression is often used in cases where environmental 
background noise might interfere with listening. In these cases a 
compressed signal provides increased clarity due to an 
increased signal to noise ratio. Often however, compression is 
used purely because louder signals tend to sound better. When 
dynamic range is decreased it becomes easier to hear small 
details in music. At the same time, dynamic range compression 
can introduce harmonic distortion into the output because of the 
wave shaping that occurs. In some cases this is desirable as it 
increases the harmonic content of the final signal.  
1.3. How a Compressor Functions 
In general, “dynamics processing is performed by amplifying 
devices where the gain is automatically controlled by the level 
of the input signal.” [1] In practice, the input signal is split into 
two paths. One of these paths goes to a device that detects the 
amplitude of the input signal. The other path is delayed to 
account for the time of calculation in the detection path, then 
has its level modulated based on levels detected and gain 
calculations made in the detection path. This modulated signal 
is then sent to the output. Figure 1 depicts a typical signal flow 
diagram for most analog and digital compressors 
 
Figure 1: Signal Flow Diagram 
A typical compressor has two basic controls. One is called 
“threshold” (CT) which determines the input level above which 
the gain reductions are applied. The other parameter is “ratio” 
or sometimes “slope” (CS) which sets the amount of gain 
reduction for signals above the “threshold” level. In the most 
basic theoretical compressor system there is a 1:1 ratio up to the 
“threshold” meaning that for a given input level we get the same 
output level. Above the “threshold” our output is then 
consistently reduced as if someone turned down the gain on the 
amplifier each time the threshold was exceeded. Figure 2 
depicts a basic compression transfer function. 
    
 
Figure 2: Basic Compressor Curve 
The point where gain reduction begins is called the “knee”. In 
Figure 2 there is a clear point at the knee where the compression 
ratio changes. However, some compressors exhibit what is 
called a “soft” knee, which means that the compression ratio 
changes gradually with increasing input. A soft knee is 
illustrated Figure 3. 
        
 
Figure 3: Soft Knee Compression Curve 
  
This leads to an output signal that is compressed but less 
obviously so than with a hard knee. Often people find soft knee 
compression to be more pleasing and musical in comparison to 
hard knee compression of the same compression ratio.  
 
Another feature of compressors is the time it takes for the effect 
to engage and disengage. These times are called attack and 
release, respectively. Different settings for attack and release 
can be useful in different applications; for instance, a slow 
attack is useful for compression applied to drums because it lets 
early transients through without squashing them, thus 
preserving the attack and “punch” of the drum sound. For this 
and similar reasons, many compressors also include controls 
allowing the user to set attack and release times. 
1.4. Varieties of Analog Compression 
Throughout the history of sound recording, compression has 
been implemented by a variety of methods, each of which 
introduces different non-linearities into the system and results in 
different sounding outputs. In particular, many analog 
compression systems exhibit different transfer curves, and 
attack and release times that are dependent on input frequency 
at different frequency bands, something to keep in mind when 
attempting an accurate digital implementation of an analog 
compressor. Similarly, some analog compression methods 
exhibit hysteresis effects, performing differently after receiving 
different amounts of signal. For example, an optical compressor 
faced with a dense, loud input signal might exhibit a longer 
release time than the same compressor faced with equally loud 
peaks in a more staccato passage. This is highly non-linear 
behavior which is hard to characterize, but which can lead to 
interesting and musical results. 
1.5. Issues with Compression 
Because of the non-linear nature of dynamic range compression, 
distortion is added to the system. Depending on the amount of 
distortion, this effect can range from pleasing to annoying, but 
the most popular compressors are often praised for the musical 
harmonics they introduce to the output signal. 
 
Because of the host of non-linearities that are introduced by 
analog dynamic range compressors, they can be very hard to 
model accurately in the digital realm, as a simple algorithm will 
not produce results equivalent to that of an analog compression 
circuit made up of a variety of misbehaving (or simply non-
linear) analog components. 
 
2. DIGITAL IMPLIMENTATION OF DYNAMIC 
RANGE COMPRESSION 
Implementations of dynamic range compression in the digital 
realm can be simple or complicated depending on the intended 
results. A theoretically simple compressor can be modeled with 
relative ease but achieving the effects of specific analog 
compressors requires a considerable investment of effort. 
 
Most analog and digital compressors follow the flow diagram 
shown in Figure 1, but implementation occurs differently in the 
digital domain and may be affected by whether or not 
processing is to occur in real time.  
 
In any case, digital dynamics compression must include a 
method for determining the RMS level of the input sound, 
which typically “uses a conventional first-order filter section to 
provide exponential averaging of the square of the input” [2]. 
That is to say, the RMS value for each sample is determined by 
a combination of the squared amplitude of that sample and the 
squared amplitude in previous samples with an exponential 
decay factor applied, to reach a time-averaged RMS value. This 
value is then converted to a level and compared with the user-
specified threshold level. If the threshold level is exceeded, gain 
reduction is applied to the sound above the threshold. Finally, a 
mathematical comparison occurs to determine whether the 
compressor is in attack or release mode and a signal buffer is 
used to apply attack and release times to the compressed output 
signal. 
 3. CONCLUSION 
Digital implementation of dynamic range compression is a 
challenging task, especially when attempting to model the 
characteristics of specific analog compressors. A basic digital 
dynamics compressor is relatively straightforward to 
implement, and results in a functional tool but one that is too 
perfect to have the character of an analog version. Creating a 
digital compressor with the character of an analog compressor is 
a challenge due to the complex non-linearities of analog 
compression systems and so requires the a subtle and involved 
set of algorithms that are beyond the scope of this paper. 
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